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OBJECTIVE  MEASUREMENT  TECHNIQUES  FOR 
EVALUATING  VOICE  COMMUNICATION  CHANNELS 


R.W.  Hubbard* 
W.J.  Hartman* 


This  report  presents  methods  for 
objectively  evaluating  the  quality  of 
voice  communication  circuits,  based  upon 
the  Articulation  Index  (AI).  The  Speech 
Communication  Index  Meter  (SCIM)  and 
associated  computer  programs  for 
calculating  AI  are  discussed  in  some 
detail  and  procedures  are  presented  for 
making  system  measurements. 

1.  INTRODUCTION 

There  has  long  been  a  need  for  an  inexpensive  and 
reliable  method  to  evaluate  the  quality  of  voice 
communication  systems.  The  requirement  is  certainly  evident 
when  we  consider  the  fact  that  very  few  (if  any)  voice 
communication  systems  are  ever  procured  on  the  basis  of 
performance  delivered  to  the  user;  i.e.,  the  quality  and 
intelligibility  of  the  speech  at  the  ear  of  the  listener. 
Most  system  specifications  stop  short  of  this  requirement 
and  rely  on  some  engineering  parameter  such  as  signal-to- 
noise  ratio  (S/N)  to  serve  as  the  final  requirement. 


*The  authors  are  with  the  U.S.  Department  of  Commerce 
Office  of  Telecommunications,  Institute  for 
Telecommunication  Sciences,  Boulder,  Colorado  8C302. 


In  operating  systems,  measures  of  performance  are  also 


based  upon  engineering  parameters  in  most  cases  User 
oeiformance  tests  are  sometimes  specified  using  subjective 
procedures  that  involve  trained  speakers  and  1’ stening 
panels  to  directly  score  intelligibility.  These  tests  are 
generally  expensive  and  time  consuming  to  perform,  and  the 
results  are  subject  to  statistical  variation  that  must  be 
understood.  For  example,  it  has  been  shown  [ Fgan,  1948]  in 
subjective  scoring  that  performance  evaluations  differ  with 
the  following  factors: 

a)  talkers  used  in  the  tests, 

b)  listeners,  including  their  state  of  training  for  the 

tests, 

c)  sound  levels  used  in  scoring, 

d)  scoring  techniques, 

e)  ambient  background  noise, 

f)  vocabulary  used  in  the  tests, 

g)  degree  of  familiarity  with  both  the  system  and 

vocabulary  on  the  part  of  talkers  <.nd  listeners. 
Many  subjective  evaluation  procedures  have  been  devised, 
however,  and  with  consideration  of  the  above  factors  can  be 
quite  effective  [Stuckey,  1963]  when  properly  administered. 
These  procedures  are  based  on  a  number  of  different 
vocabular ies ,  including  complete  sentences,  phonetically 
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balanced  (PB)  word  lists,  rhyme  tests,  and  nonsense 
syllables. 

As  staced  previously,  subjective  evaluations  are  time 
consuming  and  expensive  to  perform.  Tnus,  they  are  not 
convenient  to  apply  each  time  the  performance  of  a  new  or 
existing  system  is  to  be  measured.  In  addition,  they  are 
not  always  the  best  methods  to  apply  when  evaluating 
complete  system  performance,  as  found  by  Dabbs  and  Schmidt 
£  1972  ].  An  objective  technique  for  evaluation  would  be 
preferable;  particularly  one  that  can  be  well  correlated 
with  subjective  scoring,  and  that  can  be  applied 
inexpensively  in  many  laboratories  with  comparable  results, 
The  objective  method  should  also  be  one  that  relates  closely 
to  other  system  parameters  for  design  and  analysis  use. 

It  is  the  purpose  of  this  report  to  discuss  an  objective 
performance  measure  known  as  the  Articulation  Index  (AI) , 
and  to  present  the  methodology  of  measuring  and  evaluating 
tnis  parameter  as  an  objective  technique  to  score  the 
quality  of  a  voice  system  or  channel. 

The  performance  criteria  for  any  voice  communication 
system  should  ultimately  be  based  upon  intelligibility 
defired  by  the  system  users.  Therefore,  any  useful 
objective  performance  measure  snould  have  a  high  degree  of 
correlation  with  subjective  tests.  This  report  concentrates 
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on  this  aspect  of  using  the  AI  objective  method,  and 
presents  some  specific  limitations  and  some  correction  data 
that  can  be  used  in  applying  the  method. 

In  addition  to  the  AI  method,  the  report  includes  a 
brief  discussion  of  other  methods  based  upon  spectral  and 
time-domain  processing  of  the  speech  signal. 

2.  OBJECTIVE  PERFORMANCE  MEASURES 
The  Articulation  Index  (AI) 

b n  abjective  scoring  technique  that  has  teen  developed 
and  well  documented  tor  voice  commun icaticn  systems,  is  the 
computation  of  the  Articulation  Index  (AI )  [French  and 
Steinberg,  1S47;  Kryter,  1962a].  The  AI  is  a  physical 
measure  that  has  been  shown  to  be  highly  correlated  under 
certain  conditions  with  the  intelliginility  cf  speech  as 
evaluated  by  speech  perception  tests  administered  with 
groups  of  talkers  and  listeners.  The  calculation  methods 
have  been  e^nfted  in  standard  form  by  the  American  National 
Standards  Institute,  Inc.  [ANSI,  1969),  and  the  index  itself 
is  calculated  from  acoustical  measurements  (or  estimates  of 
the  speecn  spectrum)  and  the  effective  masking  spectrum  of 
any  noise  which  may  be  present  along  with  the  speech  at  the 
ear  of  a  listener.  The  computation  results  in  a  weighted 
traction  representing,  for  a  giver,  speech  channel  and  noise 
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condition.,  the  effective  proportion  of  the  normal  speech 
signal  that  is  available  to  a  listener. 

The  Articulation  Index  is  considered  to  be  one  of  the 
best  objective  techniques  currently  available  for  scoring 
tne  articulation  of  a  voice  system  [Kryter,  1962b;  Busch, 
1969;  Gierhart  et  al. ,  19703*  Comparison  of  the  AI  score 
with  the  average  of  several  subjective  listening  tests  for 
the  male  talker  and  test  vocabularies  is  shown  in  figure  1. 
Comparisons  of  this  type  indicate  the  utility  of  the  AI.  If 
a  performance  index  such  as  AI  can  be  conveniently  measured 
for  a  voice  communication  system,  it  may  be  related  directly 
to  an  expected  intelligibility  for  a  given  type  of 
vocabulary.  Success  with  such  a  technique  would 
significantly  reduce  the  requirement  for  direct  subjective 
testing . 

The  work  of  French  &  Steinberg  [  1947  ]  which  led  to  the 
formulation  of  tne  AI  method,  is  based  upon  the  degrading 
effects  of  noise  power  over  the  voice  spectrum  range, 
including  spread-of -masxing .  Spread-of-masking  is  a  term 
used  to  note  the  degradation  of  speech  intelligibility  in  a 
qiven  spectral  region  due  to  noise  cr  interference  chat 
exists  in  seme  other  region  of  the  speech  spectrum.  The 
intelligibility  of  a  speech  signal  was  found  to  be  pro¬ 
portional  to  the  signal- r.o-noise  ratio  averaged  over  20 


PERCENT  OF  SYLLABLES,  WOPt 
UNDERSTOOD  CORR 


specified  bands  of  frequency.  These  20  bands  were  found  to 
contribute  equally  to  speech  intelligibility.  They  are 
listed  in  table  1 

The  computation  of  AI  as  specified  by  the  ANSI  [1969] 
Standard  is  a  method  that  requires  the  manual  plotting  of 
spectral  data,  and  a  step-by-step  procedure  for  evaluating 


Table  1. 

Frequency  bands  of  equal  contribution 
gibility,  American  National  Standard 

i  to  speech 
(1969) 

intelli- 

Band 

L i rits 

Kid- 

Frequency 

NO. 

(Hz) 

(Hz) 

1 

200-  330 

270 

2 

330-430 

380 

3 

430-56C 

490 

4 

560-700 

630 

5 

700-840 

770 

6 

84  0-  1000 

920 

7 

1000- 1150 

1070 

8 

1150-1310 

1230 

9 

1310-1480 

1400 

10 

1480-1660 

1570 

1 1 

1660-1830 

1740 

12 

1830-2020 

1920 

13 

2020-2240 

2130 

14 

2240-2500 

2370 

15 

2500-2920 

2660 

16 

2820-3200 

3000 

17 

32UO- JbSh 

juOO 

18 

3650-42':' Cl 

3950 

19 

U250-50 50 

4650 

20 

5050-6100 

5600 

the  signal- to-noiee  power  ratios  j.n  several  spectral  regions 
of  the  speech  signal  (20  bands,  1/3  octave  bands,  or  full 
octave  bands) .  These  ratios  are  then  summed  over  all  bands 
and  normalized  by  a  constant  multiplied  by  the  number  of 
bands  used  in  the  computation.  This  results  in  a  fraction 
defined  as  the  AI  (S1.0),  and  for  the  20  band  method  is 
given  by 

.  20 

A!  -  6QQ  .£  [10  lo<3io  W  12  dB3*  O) 

where  3^  =  speech  signal  power  in  band  i, 

-  noise  power  (including  spread-of-masking)  in 
band  i , 

a  Si/Ni  =  10  iQ<3io  si/ni  dE, 

-12  dB  <  S./N.  <  18  dB  by  definition, 
li 

The  limits  placed  upon  the  signal-to-noise  ratios  in  (1)  are 
based  upon  the  research  leading  to  the  AI  measurement.  It 
was  found  that  if  a  S^/N^  for  any  given  band  (of  equal 
contribution  to  intelligibility)  exceeded  approximately 
18  dB,  no  further  contribution  from  that  band  was 
discernable.  Likewise,  if  the  SVN.  degraded  below  a  value 
cf  -12  dB  nc  further  loss  in  total  intelligibility  could  be 
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detected,  Thus  the  critical  values  based  on  intelligibility 
measures  are  considered  to  be  bounded  by  these  values. 

The  *12  dB  term  added  to  the  S^/N^  valuec  in  (1)  is 
derived  from  considering  the  peak-to-average  pov»er  ratio  of 
a  speech  signal.  It  is  shown,  for  example,  by  Giernart  et 
al.  [  1970],  that  the  speech  signal  earn  be  modelled  with  a 
modified  Laplace  distribution  function.  Theoretically,  this 
function  would  have  an  infinite  value  of  peak  power. 

However,  if  one  chooses  a  quasi-peak  signal  value  such  that 
actual  peaks  will  exceed  the  chosen  value  with  a  profcaoility 
of  near  0.004,  the  peak- to-avei«.ne  power  ratio  is 
approximately  12  dB.  The  measured  values  of  S^/N^  in  (1) 
are  average  values,  and  thus  the  +12  dB  adequately  accounts 
fer  tho  peak  value  of  these  ratios  above  the  average.  In 
addition,  we  note  from  (1)  that  this  value  also  restricts 
the  lower  bound  of  Al  to  zero,  if  all  the  va '  ues  are 

-12  dB  or  less.  This  is  a  desirable  condition  because  it 
directly  relates  an  AI=0  to  a  complete  lack  of  speech 
intelligibility.  On  the  other  end  of  the  Al  scale,  we  wish 
to  have  an  AI=1  relate  to  near  perfect  intelligibility. 

Thus  the  normalizing  factor  in  (1)  is  derived  on  the  basis 
that  if  all  20  bands  of  analysis  provide  an  S^/N^>18  dB,  the 
summation  v/ill  result  in  a  value  of  20  x30  dB,  or  600  dB . 
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The  normalizing  factor  of  600  reduces  this  measure  to  unity, 
the  condition  for  essentially  perfect  intelligibility. 

2.2  Limitations  £  Problems  Associated  with  AI 

There  are  a  number  of  limitations  involved  with  the 
■application  of  the  AI  technique  to  system  measurements. 

Some  of  these  are  listed  and  discussea  in  the  ANSI  [1969] 
Standard,  and  must  be  understood  before  valid  measurements 
can  be  obtained  under  the  noted  restrictions.  It  is  the 
purpose  of  this  section  to  discuss  these  known  limitations 
and  to  outline  the  necessary  corrections  when  the  AI  is 
measured  under  the  noted  conditions. 

2.2. 't  Spectrum  considerations  in  the  AI  method 

Tne  AI  measurement  is  baaed  upon  spectral  considerations 
of  the  adult  male  voice.  It  has  not  been  evaluated  for 
application  directly  to  the  female  voice  or  that  of  a  child, 
which  would  generally  contain  higher  frequencies  in  the 
spectral  range  than  tnose  of  the  adult  male.  A  careful 
study  of  this  aspect  may  require  that  an  adjustment  be  made 
tc  the  equal-oands-of -contribution  to  intelligibility  from 
those  shown  in  taole  1.  such  a  study  has  no*:  been  made  to 
our  knowledge.  However,  the  results  of  such  a  study  would 
perhaps  be  insignificant  in  respect  to  results  such  as  those 
of  figure  1  duo  to  general  variability  of  subjective  data. 
Ic;:  example,  subjective  performance  data  usually  involve 
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significant  standard  deviations  from  the  mean  due  to  the 
factors  noted  in  the  Introduction.  Thus,  the  curves  of 
figure  1  denote  only  the  mean  values  of  measurements  made  by 
a  number  of  investigators,  and  represent  the  norm  of  the 
best  subjective  data  available.  It  would  seem  appropriate 
to  develop  similar  subjective  data  based  on  the  female 
and/or  childs  voice,  rather  than  to  repeat  the  AI  spectral- 
band  analysis  for  these  cases,  in  ether  words,  it  is  felt 
that  there  is  probably  more  variation  in  the  subjective  data 
scores  than  would  be  found  in  the  spectral  ciianges  for  the 
AI  analysis  bands.  In  any  event,  comparative  data  such  as 
those  m  figure  1  for  other  than  the  male  voice  would  be  the 
criteria  required. 

Until  calibration  data  are  available  for  other  than  the 
adult  male  voice,  the  data  of  figure  1  can  be  used  as  a 
general  guide  in  other  situations.  It  must  te  kept  in  mind, 
however,  that  the  relationship  is  net  precisely  known. 

A  second  spectral  consideration  in  AI  measurements  is 
that  of  sample  time  or  the  length  of  the  speech  signal  from 
which  a  spectral  estimate  is  made.  The  AI  technique  is 
based  upon  the  long-term  average  spectrum  of  the  male  voice. 
This  characteristic  is  noted  in  section  4.  In  order  to 
perform  a  valid  measurement,  the  spectrum  of  the  test  speech 
signal  must  te  obtained  over  a  sufficiently  long  sample  to 
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approach  the  long-term  spectral  reference.  For  speech 
signals  tnat  are  continuous  :.n  nature,  the  sample  or 
averaging  period  should  he  on  the  order  of  1  minute  or 
longer.  For  a  synthetic  test  signal,  such  as  that  used  in 
instrumented  AI  systems  (see  section  3) ,  the  averaging  time 
can  he  less  as  explained  in  a  later  discussion  of  these 
instruments . 

Frequency  distortions  of  the  speech  signal  are  also 
important  in  application  of  the  AI  performance  measure.  The 
AI  Standard  [ANSI,  1969]  indicates  that  the  method  accounts 
fcr  certain  distortions  due  to  unequal  transmission  gains, 
provided  that  the  unequal  empnasis  is  applicable  to  only  one 
of  tne  following  at  a  time: 

1.  the  high  frequency  components  of  the  speech  signal 

2.  the  lower  frequency  components 

3.  the  mid-frequencies 

If  distortions  occur  in  combinations  of  the  aDove,  little  is 
known  about  the  validity  of  the  AI-  It  is  known,  howe.*.  -, 
that  the  AI  will  not  be  valid  in  estimating  intelligibility 
in  cases  where  the  speech  spectrum  is  very  irregular;  i.e., 
when  it  is  composed  of  peaks  and  valleys  with  slopes  that 
exceed  approximately  18  dB  per  octave.  For  these  reasons, 
it  will  be  important  to  monitor  (in  some  manner)  the 
spectrum  of  a  received  test  signal  when  the  AI  method  is 
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applied  to  communication  system  measurements.  This 
requirement  is  discussed  in  a  later  section  of  this  report. 
2.2.2  Amplitude  considerations  in  the  AI  method 

Peak-clipping  is  frequently  used  in  voice  communication 
systems,  in  order  to  limit  the  peak- power  required  in 
transmitters  and  receivers  where  voice  is  the  modulating 
signal.  Licklider  [1946]  and  others  have  shewn  that  the 
intelligibility  of  speech  is  not  seriously  effected  when  the 
signal  is  subjected  to  rather  severe  degrees  of  peak¬ 
clipping.  However,  an  amplitude  distortion  of  this  type 
changes  both  the  time  and  frequency  characteristics  of  the 
basic  speech  signal.  Thus,  if  it  is  used  in  a  system  under 
test,  it  must  be  accounted  for  in  the  AI  measurement.  The 
ANSI  Standard  presents  a  correction  method  to  be  used,  based 
upon  prxor  knowledge  of  the  level  of  clipping  and  the  post¬ 
clipping  amplif ication  used  in  the  system. 

The  usual  peak-clipping  process  involves  both  of  the 
above  elements.  For  example,  clipping  the  extreme  peaks  of 
a  speech  signal  changes  the  amplitude  probability 
distribution  of  the  signal,  and  consequently,  the  rms  level. 
An  AI  measurement  made  when  both  of  these  signal  processes 
are  used  (clipping  and  amplification)  will  generally  result 
in  a  slightly  higher  value  than  under  normal  conditions. 

The  reason  for  this  is  tnat  the  SVfh  is  slightly  higher  in 
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each  band  of  analysis  because  of  the  higher  rms  signal 
level.  This  assumes  that  only  the  speech  signal  is  effected 
by  the  clipping  process,  and  not  the  additive  noise  or 
i nterference. 

When  measurements  of  AI  are  made  in  a  speecb-clipped 
channel,  the  results  are  generally  reliable.  If,  however, 
it  is  desired  to  relate  the  measured  value  to  that  which 
•would  be  found  for  an  unclipped  channel,  a  correction  can  be 
made.  The  details  of  the  correction  method  are  given  in 
section  4. 

2.2.3  Interference  considerations  in  the  AI  method 

The  fundamental  factor  which  causes  degradation  to  the 
intelligibility  of  speech  in  a  communication  system  is  the 
additive  type  noise  or  interference.  The  AI  method 
adequately  accounts  for  this  factor  in  the  mcst  common 
situations.  However,  there  are  certain  interference 
conditions  that  must  be  corrected  for  in  the  AI  measurement, 
and  others  where  the  effect  is  not  precisly  known.  This 
section  discusses  these  factors  briefly,  and  section  4 
presents  some  correction  data  that  can  be  applied. 

Tne  AI  method  adequately  treats  the  masking  of  steady- 
state  wide-band  Gaussian  noise,  and  also  those  cases  where 
the  noise  interference  is  at  least  200  Hz  in  bandwidth 
anywnere  in  tne  range  200  to  6100  Hz  [ANSI,  1969].  In  cases 


14 


where  the  interference  bandwidth  is  leBS  than  200  Hz,  which 

\ 

J 

includes  the  problem  of  tone-type  interference  signals,  the 
AI  is  known  to  be  inaccurate.  These  latter  cases  have  been 
studied,  and  the  results  as  defined  by  the  use  of  the  SCIM 
(see  section  3}  system  are  given  in  section  4. 

when  the  interfering  noise  is  not  steady-state,  but  is 
intermittent,  the  measured  Al  value  is  not  accurate. 

Hcwever,  it  can  be  corrected  if  the  time  characteristics  of 
tne  intermittent  noise  are  known.  An  initial  correction  is 
made  based  on  the  duty  cycle  of  the  noise;  i.e.,  the 
fraction  of  the  time  the  noise  is  "on".  The  second 
correction  is  based  upon  the  rate  of  the  intermittent  noise. 
The  curves  relevant  to  bcth  of  these  conditions  are  given  in 
section  4. 

2.3  Other  Developing  Techniques 

The  AI  measurement  is  the  best  known  objective  technique 
available  at  this  time,  and  has  been  documented  and 
standardized.  For  these  reasons,  it  is  considered  to  be  the 
best  method  reodily  available  to  system  users  for 
performance  testing.  The  instrumented  techniques  for 
performing  the  measurement  in  the  form  of  SCIM  have  been 
applied  tor  some  time,  with  documented  results.  However, 
there  are  other  methods  in  various  stages  of  development 
that  merit  nrenticn.  They  are  not  treated  in  any  detail  in 
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this  report,  Blit  ate^nblbb  fbr '  bbmp*!tefcene3e  dhd  to  alert  the  > 
reader  of  possiblte'ribvJ  tdehhicpie^ .  '  '  ’  !  -  1 ’  : 

2.3.1  Evaluation  ba64&'  on' phonemes 'and  spectra  '  •  ! 

Some  work  lias  been  dtemoted'  to  measuring  intelligibility 
based  on  the  probability  Of'1  Oceurance  'and  the  recognition  of 
phonemeb  in'  Speech,  ‘"An 1  eirthtiple  is1  the1  development  of  a 
system  called  Correlation'  of  Recognition  of  Eegradation  with 
Intelligibility  N!^aSuremefit6!  r(C0RODlM)  by  the  Philco-Ford 
Corporation^ .  tt  vate  basted  on' S  '  300  word  list  of  ' the  ’! 
ccnsonant-vowel-Cohsonahit' type. 1  comparisons  ate  made'  iba 
computer  scoring  system  that  correlates  stored  phoneme 
information  with  similar  data  that ' ate1 degraded  in  some 
manner  during  speech1  xrahsthissioh;  "  lhere  is  no  known  direct 
relationsnip  between  phoneme  intelligibility  and  word 
intelligibility  [private  communication  from  Nr.  Allen  Busch, 
FAA,  NAFEC  ] ,J  nbw'bvbr/’ttte  ekrly  repotted2  wcrk  on  coRodim 
showed  good  correiat’ibtr 'between  these  factors.  A  recent  ; 
inquiry  [private  'cOirtfnianication  from  Mr.  Charles  Teacher, 
Philco-Ford  Corp.  ]  iridifcatbe  that  'there  has  teen  little 
development  on  this’  by'stetn’‘ih:‘th'e  last'  few  years. 

I  1.  .  I  ■  i;  .  .  . 

‘  Villcw  Grove ,  Pa’.  ‘  ’ 1  '  '  1  '  "  :  • 

2Minutes  of  the  Meeting  of  the  Aeronautical  Satellite  Voice 
Processing  and  Subject! /e  Testing 'Committee,  April  17,  1970, 
CCMSAT  Laboratories,  Clarksburg,  Md. 

.  :  ■  ■  '  i  i .  •  i  i  >  i:  •  ,  . 
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Another  new  technique  (  reported  by  Teacher  ]  based  on  the 
correlation  properties  of  spectral  data  has  teen  developed, 
and  is  currently  under  evaluation  by  the  U.fi.  Air  Force, 

Feme  Air  Development  Center  (RADC) .  It  is  called  Automated 
intelligiDi lity  Measurement  (AIM).  Evaluation  data  may  be 
available  from  RADC  in  the  near  future,  but  no  reports  have 
teen  published  tc  date. 

2-3.2  Evaluation  Daseci  on  time  domain  processing 

The  Institute  for  Telecommunication  Sciences  (IIS)  has 
teen  considering  a  technique  involving  speech  processing  in 
the  time  domain  as  a  new  objective  scoring  method.  Current 
work  is  under  the  sponsorship  of  the  Federal  Aviation 
Administration  (FAA) .  The  method  is  based  cn  the  emerging 
technology  .'rnovin  as  linear  Predictive  Coding  (LPC)  (Atal  5 
Hanauer,  1971],  from  which  methods  of  producing  high-quality 
synthetic  speech  have  been  developed.  Tha  work  on  the 
scoring  method  has  not  progressed  to  the  point  that  the 
technique  can  be  described  distinctly,  but  a  technical 
report  should  De  available  from  the  ITS  within  a  few  months. 

Processing  in  the  time-demain  appears  to  have  several 
advantages  over  spectral  processing.  The  time  signature  cf 
a  speech  signal  is  more  unique  than  spectral  signatures,  and 
the  method  shculd  alleviate  the  problem  of  measuring  and 
defining  the  noise  or  interference  signals. 
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3.  INSTRUMENTATION  FOR  AI  MEASUREMENT 


The  measurement  of  the  AI  directly  in  a  test  instrument 
has  been  approximated  in  two  independent  developments.  The 
first  of  these  systems  was  developed  in  about  I960,  and  is 
used  by  the  U.S.  Army  Electronic  Proving  Ground  at  Ft. 
Huachuca,  Arizona.  It  is  entitled  "The  Voice  Interference 
Analysis  System"  (VIAS) ,  and  is  described  in  a  document 
prepared  by  Lockheed  Electronics  Co.  [1972].  It  is  based  on 
the  AI  process,  but  has  a  number  cf  disadvantages  when 
compared  with  a  later  development.  For  example,  the  VIAS 
test  signal  is  composed  of  a  triangularly  modulated  tone  at 
950  Hz.  This  signal  is  not  representative  of  a  speech 
spectrum  and  thus  the  weighting  for  the  speech  signal 
analysis  is  provided  only  in  the  analyzer.  This  technique 
does  not  directly  allow  for  spectral  distortions  imposed  by 
the  system  under  test,  or  for  time- variations  in  the 
transmission  medium.  In  addition,  the  analyzer  measures 
only  the  noise  content  over  the  analysis  bands,  and  assumes 
a  signal  content  based  on  the  level  of  the  950  Hz  tone.  For 
these  reasons,  the  VIAS  system  is  not  considered  further  in 
this  report  - 

The  second  system  developed  for  automatically  measuring 
the  AI  is  the  Speech  Communication  Index  Meter  (SCIM) .  This 
development  was  sponsored  by  the  U.S.  Air  Force.  Electronic 
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Systems  Command,  under  contract  with  Bolt,  Beranek  and 
Newman  Inc.,  of  Cambridge,  Mass.  [  Kryter  6  Ball,  1964  ]. 

The  SCI  measurement  is  patterned  after  the  AI  using  a  9-band 
S/N  measurement  over  the  speech  spectrum.  The  data  are 
analyzed  in  an  analog  mode  with  an  instrument  that  computes 
the  S/N  in  each  band,  sums  and  normalizes  the  results,  and 
provides  a  digital  readout  display  of  the  decimal  value  of 
SCI.  The  SCI  measure  is  similar  to  that  given  by  (1),  and 
can  be  written  for  the  9-band  method  as 


SCI 


1 

270 


9 

l  C  iogios/nt  ♦ 

i=l 


12  dB]. 


U) 


The  9  bands  used  in  the  SCI  measurement  technique  are  given 
in  table  2. 

The  SCI  measurement  is  obviously  a  compromise  to  the 
ANSI  Standard  for  AI,  but  it  has  teen  demonstrated  [Kryter  & 
Ball,  1964]  to  be  highly  correlated  with  AI  values 
calculated  using  (1). 

The  SCIK  system  includes  a  siqnal  generator  that 
develops  a  speech-shaped  noise  spectrum  to  simulate  the 
voice  signal,  as  well  as  several  tones  for  calibrating  t  iie 
test  system,  and  timing  signals  used  to  control  the 
operation  of  the  SCI  analyzer.  Instrumentation  of  this  type 
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Table  2.  SCIM  analysis  bands 


land 

No. 

Limits 

(HZ) 

Bandwidth 

(Hi) 

AI 

Bands 

(Approx.) 

1 

250-500 

250 

1,2,3 

2 

500-750 

250 

4 

3 

750-1000 

250 

5,6 

4 

1000-1250 

250 

7 

5 

1250-1650 

400 

8,9,  10 

6 

1650-2050 

400 

11,12 

7 

2050-2450 

4C0 

13,14 

8 

2450-J200 

750 

15,  16 

9 

3200-4200 

1000 

17,18 

provides  a  capability  of  performing  on-line  objective 
measurements  of  system  performance. 

Figure  2  illustrates  the  composition  of  the  SCIM  test 
signal.  A  1-kHz  calibration  tone  is  provided  to  adjust 
proper  signal  levels  for  system  testing.  The  first  segment 
or  the  test  signal  is  a  speec!  -shaped  noise  signal  having 
the  ^ame  spectrum  as  the  long-term  average  fcr  a  male 
talker.  A  5-Hz  square  wave  modulation  is  applied  to  the 
noise  signal  to  simulate  the  natural  pauses  in  human  speech. 
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Following  the  speech-shaped  noise,  two  sinusoidal  tones  are 
generated  in  sequence  at  3  kHz  ana  400  Hz.  These  signals 
are  generated  at  the  same  level  as  the  calibration  tone,  and 
are  used  to  maintain  the  signal  level  and  thus  stabilize  any 
age  circuitry  in  the  test  system  during  measurement.  The 
reason  for  using  two  tones  for  this  purpose  is  explained 
below  in  the  description  of  the  SCIM  analyzer. 

Between  each  segment  cf  the  test  signal  a  short 
synchronizing  signal  is  generatedt  composed  of  a  tone-pair 
burst  of  2  kHz  and  600  Hz.  The  sync  signal  ia  used  to 
control  the  operation  of  the  analyzer.  The  analyzer  is  an 
analog  systtm  designed  to  compute  the  *or  each  of  the 

y  trequency  bands,  limit  the  values  as  noted  with  (1),  and 
compute  the  SCI  score  given  by  (2)  .  The  analyzer  sequence 
is  illustrated  in  figure  3.  The  signal  power  (s^)  in  each 
band  is  computed  during  the  "speech"  portion  of  tne  test 
signal  and  stored  in  integrators.  The  nci,e  power  (n^)  in 
the  first  five  spectral  bands  is  compuf j  during  the  3  kHz 
tene  portion.  Note  from  table  9  thrt  these  bands  are  well 
below  tne  3-kHz  tone.  Similarly,  the  noise  power  in  oands  6 
through  9  is  computed  during  the  400  Hz  tone  portion  of  the 
signal.  The  analyzer  then  combines  these  integrated  values 
of  signal  and  noise  power,  computes  the  ratios  and  sums  them 
in  accord  with  (2)  . 
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A  simplified  block  diagram  of  the  SCIM  signal  generator 
is  shown  in  figure  4.  A  random  noise  source  that  generates 
a  broad-band  uniform  spectral  density  is  used  as  the  basic 
signal  generator.  A  spectrum  shaping  filter  is  used  to 
weight  the  noise  spectrum  to  that  of  the  long-term  average 
value  for  a  male  voice.  The  5  Hz  square  wave  modulation  is 
applied  by  the  modulator  at  a  level  such  that  the  peak-to- 
null  ratio  is  on  the  order  of  16.5  dB.  The  commutating 
switch  is  driven  by  a  timing  circuit  such  that  it  dwells  on 
the  speech-shaped  noise  signal,  the  3  kHz  tone  and  the  400 
Hz  tor  approximately  1  sec  during  each  signal  sequence.  The 
switch  passes  through  the  sync  generator  positions  in  a  few 
msec,  inserting  the  sync  burst  between  the  other  signal 
elements.  The  signal  sequence  must  be  initiated  by  the 
operator  from  a  frcnt-panel  start  switch.  The  commutator 
switch  begins  and  returns  to  the  contact  for  the  1  kHz 
oscillator,  providing  this  signal  at  the  output  for  leveling 
and  calibration  procedures. 

A  functional  block  diagram  of  the  SCIM  analyzer  is  shown 
in  figure  5.  The  test  signal  is  divided  in  spectrum  into 
the  9  analysis  bands  by  the  bank  cf  bandpass  filters  and 
detectors.  The  signal  and  noise  power  levels  are  detected 
oy  the  integrator  banks  during  the  respective  portions  of 
the  test  signal.  Switching  of  the  integrators  between 
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portions  is  accomplished  through  the  sync  detector 
circuitry.  After  integration  of  both  the  signal  (plus 
noise)  and  noise  power,  the  commutator  control  circuitry 
starts  a  scanning  process  of  each  of  the  9  signal  and  noise 
integrators.  Each  of  these  values  is  fed  in  turn  into  the 
difference  amplifier  after  conversion  to  logarithmic  units. 
Ihe  difference  amplifier  is  used  to  derive  the  S+N/N  from 
the  relation 

leg  ■  =  log  (s^n) -log  n,  (3) 

expressed  in  da.  A  correction  network  is  used  to  convert 
(s*r.)  /r»  to  s/nf  based  cr.  the  assumption  that  the 
interference  is  independent  or  uncorrelated  with  the  signal. 
In  this  case,  the  s/n  can  be  determined  from 

-  =  —  -  1  (4) 

n  n 

The  limits  required  in  (1)  are  set  by  the  difference 
amplifier  and  the  correction  network.  The  output  signal  of 
these  stages  then  represents  the  analog  soluticn  of  (2) ,  and 
the  voltage-to-f requency  converter  is  used  tc  provide  a 
digital  display  of  the  computed  SCI  value. 
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Figure  5  also  shows  a  frequency  translation  detector  and 
correction  circuit.  The  purpose  of  this  part  of  the 
analyzer  is  to  correct  for  any  significant  spectral  shifts 
in  the  transmission  system  under  test.  The  translation 
detector  monitors  the  1  kHz  calitrate  signal,  and  corrects 
the  AX  reading  automatically  if  this  signal  has  shifted  in 
sr.ectrum  by  more  than  about  50  Hz. 

Spread-of -masking  is  an  important  factor  in  AI  scoring. 
This  term  is  used  to  describe  the  phenomenon  that  an 
interfering  signal  or  noise  at  a  given  frequency  can  cause 
Degradation  to  a  speech  signal  at  higher  frequencies.  The 
method  used  in  the  SCIM  process  to  account  fcr  this  factor 
is  discussed  further  in  the  Appendix. 

The  SCIM  instrumentation  is  relatively  expensive,  and 
only  a  few  systems  are  currently  known  to  be  in  operation. 
These  that  do  exist  are  rarely  used  in  on-line  measurements, 
and  data  are  usually  tape  recorded  in  field  tests  and 
analyzed  with  the  use  of  the  SCIM  analyzer  in  the 
laboratory. 

In  order  to  provide  an  analysis  capability  to 
organizations  and  laboratories  that  do  not  have  a  SCIM 
facility,  off-line  procedures  have  bean  developed  by  ITS. 
The  procedures  use  computer  programs  to  analyze  a  SCIM 
signal  (Hubbard  6  Payne,  1974].  Two  such  methods  have  teen 
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developed  under  the  sponsorship  of  the  FAA  and  the  Ne.tional 
Aeronautics  and  Space  Administration  (NASA) ,  Goddard  Space 
Flight  Center  (GSFC) .  Each  of  the  computer  methods  is 
discussed  in  the  Appendix. 

. he  original  design  of  the  SCIM  signal  Generator  and 
Analyzer  are  shown  in  figures  6  and  7  respectively.  A  new 
integrated  circuit  version  of  this  equipment  has  teen 
considered  ty  the  manufacturer3,  but  is  not  commercially 
available  at  this  time.  A  signal  generator  patterned  after 
the  SCIM  generator  has  teen  developed  in  the  IIS 
laboratories,  using  integrated  circuitry  and  solid-state 
switching  [Payne  &  McManamon,  1973].  This  generator  was 
designed  primarily  for  applications  involving  acoustic 
coupling  to  telephone  networks,  and  off-line  data  processing 
usinq  the  computer  methods  noted  above.  In  this 
application,  the  sync  signal  is  not  necessary  and  thus  is 
not  provided  in  the  ITS  generator. 

4.  SCIM  MEASUREMENT  PROCEDURES 

Section  2  of  this  report  has  noted  some  limiting 
considerations  in  obtaining  valid  AI  measurements,  section 
3  has  discussed  the  instrumentation  for  the  SCIM  method  of 
measuring  Al.  In  this  section,  we  present  the  data 
necessary  fcr  making  corrections  to  measured  values  (where 

3Eolt,  Eeranek  6  Newman,  Inc.,  Cambridge,  Mass. 
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required)  and  the  results  of  other  effects  on  the  SCIM 
measurement  determined  from  laboratory  studies. 

4.1  corrections  to  SCI  Values 
The  three  considerations  of  spectrum,  amplitude  and 

interference  ef feces  on  M  noted  in  section  2  are  discussed 
in  this  section.  The  specific  correction  data  involved  are 
presented,  as  <*ell  as  other  information  developed  for 
improving  the  reliability  of  scores  measured  using  SCIM 
techniques.  The  following  discussions  will  be  relevant  in 
mest  cases  only  to  the  analog  voice  channel.  Specific 
problems  encountered  in  the  digital  voice  processes  are 
noted  in  section  4.2. 

4.1.1  Spectral  monitoring  6  correction 
The  SCIM  analysis  is  based  upon  the  long-term  average 

spectrum  of  the  male  voice  which  is  shown  in  figure  8.  For 
the  actual  voice  signal  the  spectrum  must  be  measured  over  a 
minute  or  longer  of  continuous  speech.  However,  for  the 
SCIM  system  where  a  synthetic  speech  spectrum  is  derived 
from  a  random  noise  signal,  good  spectral  estimates  can  be 
made  during  samples  as  short  as  1  sec.  Both  the  SCIM 
analyzer  and  the  computer  scoring  methods  noted  in  the 
Appendix  yield  valid  results  from  the  standard  SCIM  signal, 
and  no  correction  is  required  for  the  sample  length. 
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requencies  of  20  Bonds  Contributing  Equolly  <0 
Speech  Intelligibility  with  Mole  Voices 


Frequency  in  Hertz 


Frequency  distortions,  however,  that  may  be  present  in 
the  analyzed  signal,  must  be  accounted  for.  Using  the  SC1M 
analyzer  directly  in  on-line  tests  poses  the  nest  difficult 
problem.  For  example,  an  on-line  spectrum  analyzer  should 
be  used  to  measure  the  received  test  signal  to  directly 
determine  the  presence  of  spectral  distortion.  In  cases 
where  frequency  selective  distortions  are  present,  the 
character  of  the  spectrum  can  be  noted  from  the  analyzer  and 
compared  with  the  notations  in  section  2.2.1  to  determine 
the  validity  of  the  SCI  measure.  Where  a  spectrum  analyzer 
is  not  readily  available,  the  SCIM  analyzer  (when  properly 
aligned)  can  be  used  to  derive  a  gross  spectrum  signature  of 
the  test  signal.  This  is  accomplished  by  oeserving  cn  an 
oscillcscv.pt  the  dc  voltage  inp-t  to  the  voltage-to- 
frequer.cy  converter  of  the  analyzer.  This  signal  will 
provide  a  bar-graph  display  of  the  9-band  integrator  signal 
outputs  as  the  commutater  switch  scans  these  circjits.  When 
the  analyzer  is  aligned  properly,  and  nc  appreciable 
spectral  distortion  is  present,  the  display  will  be  9- 
cegmer.ts  at  essentially  equal  voltage  levels.  distortion 
present  in  any  of  the  9- bands  will  be  evident  from  a  dc 
effset  of  the  bar  for  tne  tand(s)  in  which  the  distortion 
occurs.  There  is  no  problem  in  determining  the  spectral 
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distortion  from  either  of  the  computer  scoring  methods,  as 
both  start  with  spectral  analysis  results. 

In  crder  to  assess  the  relative  spectral  importance  of 
♦.he  9-bands  in  the  SCIM  system  measurement,  tests  were  made 
in  which  each  of  the  9-bands  were  filtered  out  of  the  test 
signal  before  analysis.  The  results  are  shown  in  figure  9. 
Eased  on  the  theory  of  equal  intelligibility  contribution 
for  each  band,  the  expected  result  is  indicated  by  the 
dashed  line  in  the  figure.  It  can  be  seen  that  the  result 
dees  have  a  median  corresponding  rougnly  to  the  expected 
value.  It  will  be  noted,  however,  that  eliminating  the 
spectral  energy  in  bands  3  and  4  has  the  moBt  significant 
effect  on  the  measured  value.  These  data  were  developed 
using  digital  filtering  techniques  where  extremely  steep 
filter  skirts  could  be  achieved. 

Figure  10  shows  the  integrated  results  of  continuing  the 
band  elimination  tests  as  that  for  figure  9,  but  extending 
the  single-band  process  to  combinations  of  two  and  three 
contiguous  bands  for  each  test.  The  curve  of  figure  10  is 
the  mean  of  these  tests  and  is  the  beat  estimate  possible  <.  f 
the  static  6pectral  distortion  effects  on  SCTM.  Note  that 
the  curve  indicates  the  largest  loss  in  score  is  caused  by 
distortions  at  the  low  frequency  end  of  the  spectrum.  It  ia 
suggeeted  that  the  data  of  figure  9  be  used  to  correct  SCIM 
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readings  when  the  distortions  in  the  signal  spectrum  are  on 
the  order  of  250  Hz  wide.  For  distortions  between  250  Hz 
and  approximately  700  Hz,  figure  10  should  provide  a  good 
estimate  for  correction.  These  results  are  based,  of 
course,  on  complete  spectral  elimination.  For  less  .severe 
spectral  losses,  the  correction  should  be  scaled  to  the 
degree  of  estimated  lpos  based  on  a  linear  pcwer  scale.  In 
any  case,  the  low  frequency  correction  is  the  most 
s  .gnif  icant  to  be  made. 

Using  figures  9  S  10  j.n  conjunction  with  the  spectral 
estimates  noted  above,  adjustments  can  be  made  in  the 
observed  SCIM  score.  Associated  subjective  data  are  needed 
tc  completely  calibrate  these  effects;  these  data  have  not 

yet  been  evaluated.  A  cursory  subjective  evaluation  has 

» 

teen  made,  however,  to  indicate  that  severe  spectral 
distortions  can  be  tolerated  in  a  static  sense  without  great 
loss  in  intelligibility.  Voice  quality  and  recognition  are 
lost  in  severe  cases,  but  intelligibility  tends  to  remain 
high. 

4.1.2  Corrections  for  speech  clipping 

SCIM  measurements  made  in  a  speech-clipped  channel  will 
generally  be  higher  than  those  measured  in  ncr.-clippcd 
systems.  The  data  presented  here  permits  a  correction 
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factor  to  be  determined  from  a  speech- clipped  measurement 
that  will  score  tha  standard  voice  channel. 

Fiqure  11  illustrates  the  increase  in  the  long-term 
spectral  level  of  peak-clipped  speech  as  a  function  of  the 
sum  of  the  peak-clipping  level  and  post-clipping 
anrplif icaticn.  If  these  values  are  known  for  the  system 
under  test,  the  appropriate  ordinate  value  (in  dB)  can  be 
used  to  compute  a  corrected  SCI  score  for  an  unclipped 
measurement.  For  example,  the  charact^-istic  in  figure  11 
indicates  that  for  a  clipping  level  plus  post-clipping 
amplif icaticn  of  6  dB  (3  dB  each),  the  spectral  power  in  the 
test  signal  is  increased  5  dB  in  each  of  the  spectral 
analysis  bands.  Equation  (2)  for  this  difference  in  signal 
power  would  yield  an  SCI  value  45/270=0.17  units  higher  than 
would  be  measured  in  the  unclipped  speech  channel.  If  we 
let  be  the  power  level  (dB)  increase  in  the.  clipped-speech 
channel,  then  the  correction  for  an  unclipped  channel  can  be 
computed  from 

ASCI  *  -  1/270  £  9  P  i.  (5) 

l  * 

In  cases  where  the  level  of  clipping  and  the  post -clipping 
anplif ica tion  are  not  equal,  the  difference  between  these 
factors  must  be  subtracted  from  the  value  of  used  in  (5) . 
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NOTR:  TUi*  figure  aliow*  llie  increase  in  rms  »pcecli  level  as  a  funciion  of  clipping  when 
dipped  level  in  raised  to  clipping  reference  level. 


AMOUNT  OT  "EAK-CLIPPiNC  ANO  POST-CLIPPING  AMPLIFICATION  IN  dB 
<PCAK  AMPUTUOE  OEFINEO  8T  0.001  PROBABILITY  LEVEL 
IN  DISTRIBUTION  Of  INSTANTANEOUS  AMPLITUDES) 

Figure  11.  Speech  level  as  a  function  of  peak  clipping  (ANSI,  1969). 

4.1.3  Corrections  for  nen- steady-state  noise 

As  noted  in  section  2,  the  measurement  of  an  SCI  value 
will  be  accurate  only  if  the  masking  noise  is  steady-state 
in  character.  When  the  masking  noise  has  a  definite  duty 
cycle  and/or  is  interrupted  in  time,  a  correction  to  the 
observed  SCI  value  is  required.  Figure  12  shows  the 
correction  to  be  made  for  the  duty  cycle  (noise-time 
fraction).  For  example,  if  the  masking  noise  can  be 
observed  to  have  a  duty  cycle  of  0.3  (noise  "on"  for  30*  of 
the  base  period  and  "off"  70S) ,  figure  12  indicates  that  a 
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♦0.3  correction  be  made  to  the  measured  value,  in  addition 
to  this  correction,  another  may  be  required  if  the 
repetition  rata  of  the  masking  noise  is  less  than 
approximately  1000  Hz.  The  second  correction  is  made  with 
use  of  the  curves  in  figure  13.  Assume  that  an  SCI*0.3 
value  has  been  measured  in  the  above  example  before 
correction.  The  corrected  value  from  figure  12  is 
(0. 3*0. 3) =0. 6.  Entering  the  curve  for  this  value  in  figure 
13,  and  assuming  an  interruption  rate  of  100  Hz,  we  find  the 
effective  SCI  value  to  be  0.76.  These  data  are  from  the 
AKS1  £1969]  Standard,  and  are  after  the  work  of  Miller  and 
licklider  £  1950]. 

In  order  to  make  these  corrections  to  system 
measurements,  some  means  cf  monitoring  the  actual  time 
signatures  of  the  masking  noi.’e  must  be  provided  For  on¬ 
line  measurements  using  SCIM,  this  means  that  an 
osci1 loscope  analysis  of  the  system  noise  should  be  made. 

In  the  case  of  off-line  measurements,  the  character  of  the 
interruptive  or  masking  noise  can  be  made  frcm  the 
calibration  tone  portion  of  the  SCIM  test  signal.  This 
scheme  is  readily  implemented  using  the  TD/100  system 
discussed  in  the  computer  routine  of  the  Appendix. 


NOTE:  The  ordinal*  show*  a  correction  to  be  npplied  to  the  articulation  index  com¬ 
puted  on  tlic  assumption  that  a  masking  noise  is  steady-state  (or  various  noise-time 
(factions.  The  corrected  A1  cannot  exceed  1.0. 


Figure  12.  Correction  for  various  noise-time  factors  (ANSI,  1969). 


NOTI' :  fipurr  shows  the  effective  Al  as  a  function  of  the  frequency  with  which 

ft  masking  nmsr  is  interrupted  '1  In*  parameter  of  Ihe  turves  is  the  corrected  A I  cal¬ 
culated  on  the  assumption  that  the  masking  n«»is«*  »s  stead v-state  and  then  adjusted 
ircortiing  to  I  *J  for  the  fraction  of  the  time  tne  noise  is  on 


Figure  13.  Effective  AI  as  a  function  of  interruption  rate  (ANSI,  1969). 
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4.1.4  Effects  of  noise  bandwidth  and  tone  interference 

The  SCIM  system  was  tested  for  its  response  to  both 
random  noise  interference  of  varying  bandwidth,  and  to 
single  frequency  tones  within  the  speech  bandwidth.  The 
results  of  these  tests  are  summarized  in  figures  14  and  15, 
respectively.  It  is  seen  from  figure  14,  that  noise 
bandwidths  up  to  the  order  of  100  Hz  have  no  significant 
effect  on  the  measured  SCI  value  for  total  S/N  values 
greater  than  3  dE.  Note  also  that  the  20  dE  curve  in  this 
figure  at  a  noise  bandwidth  cf  4  kHz  corresponds  to  the 
theoretical  situation  for  an  SCI  value  of  0.5.  The 
measurements  indicate  close  agreement  to  the  theoretical 
value.  The  effects  of  noise  bandwidths  between  100  Hz  and  4 
kHz  on  subjective  scores  are  not  yet  known.  The  subjective 
data  associated  with  these  tests  have  not  been  scored. 

A  similar  set  of  measurements  using  tone  interference 
were  also  made.  The  results  are  shown  in  figure  15  for  a 
number  of  sinusoidal  signal  pcwer  levels  relative  to  the 
power  in  the  "speech"  portion  of  the  SCIM  test  signal.  Note 
that  the  effects  of  these  interference  situations  are  quite 
similar  as  far  as  the  SCIM  system  is  concerned.  However,  it 
is  known  that  tcne  interference  can  be  much  rroxe  serious  in 
suojective  tests  than  broad-band  noise.  Here,  again,  the 
corresponding  subjective  material  has  not  yet  teen  scored  to 
determine  the  tcne  interference  effect  on  actual  voice 
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Figure  15.  Effects  of  tone  interference  on  SCIM  measurements 


intelligibility.  These  data  should  be  available  in  the  near 
future.  Figures  14  and  15  indicate  the  direct  effects  on 
the  SCIM  system,  however. 

4.2  Application  to  Digital  Voice  System? 

The  laboratory  evaluation  of  the  SCIM  technique  for 
measuring  AI  was  extended  from  the  analog  voice  systems  to 
digital  voice  processes.  Two  particular  schemes  known  ...s 
pulse  code  modulation  (PCM)  and  delta-modulation  (DM)  were 
cf  interest,  since  they  arc  the  most  prevalently  used  for 
the  transmission  cf  voice  in  a  digital  format.  Based  on  a 
priori  Knowledge  of  these  digital  processes  and  their 
inherent  quantizing  error  (or  noise) ,  it  was  felt  that  a 
scoring  technique  such  as  SCIM  would  suffer  inaccuracies 
when  used  in  a  digital  voice  channel.  Th3  initial  tests 
performed  were  done  with  the  use  of  simulation  techniques  in 
a  digital  computer.  Programs  were  written  for  both  a  PCM 
and  a  DM  process  in  a  general  purpose  computer.  The  SCIM 
test  signal  was  digitized  at  a  high  sample  rate,  and 
subjected  tc  the  simulated  FCM  and  EM  processes  in  a  CDC- 
3800  computer  system.  The  output  data  were  then  analyzed 
for  the  AI  score  using  the  20-band  computer  method  reported 
by  Hubbard  and  Fayne  [1974].  This  analysis  was  performed 
with  no  additive  noise  or  distortion,  so  that  the  result 
would  reflect  only  the  error  caused  by  quantizing  noise-  A 
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significant  low  score  was  obtained  in  each  case,  confirming 
the  expected  result.  It  was  originally  planned  to  continue 
these  investigations  over  a  range  of  sampling  rates  in  the 
simulation  process.  However,  the  total  process  was  found  to 
te  too  expensive  due  to  the  quantity  of  data  needed  for  the 
simulation  and  AI  programs. 

A  variatle-slope  delta-modulation  coder  and  decoder 
system4  was  procured  in  the  interim  by  ITS  fcr  application 
in  other  pregrams.  This  system  was  placed  on  loan  for  use 
in  the  work  reported  here,  and  additional  tests  were 
performed  in  the  laboratory  in  a  back- to-}. ack  mode.  The  on¬ 
line  SC1M  system  was  used  for  measurement,  and  the  results 
are  presented  in  figure  16. 

Very  poor  SCIM  measurements  were  obtained  at  the  lower 
DM  sampling  rates,  and  as  figure  16  illustrates  the 
resulting  scores  were  quite  erratic  up  to  sampling  rates  as 
high  as  60  kHz.  The  general  performance  curve  was  fcur.d  to 
be  poorer  than  expected  based  only  on  quantizing  nc  .se. 

Thus,  spectral  analysis  was  performed  on  both  the  "speech" 
and  noise  portions  of  the  SCIM  test  signal  during  these 
measurements  in  order  to  find  the  cause.  It  was  found  that 
the  "speech"  signal  did  net  suffer  any  significant  change  in 
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spectrum,  but  the  noise  spectrum  changed  radically  with 
sampling  rate.  The  spectra  indicated  that  the  problem  is  a 
combination  of  the  quantizing  noise  and  an  interaction 
between  the  SCIM  test  tones  and  the  sampling  process  during 
the  noise  portions  of  the  sig-al.  The  noise  density  spectra 
at  the  lowest  SCIM  scores  generally  consisted  cf  several 
sharp  spikes  somewhat  uniformly  spaced  in  frequency.  At 
ether  data  points,  the  spectra  were  more  uniform  in  density 
and  broad  in  frequency.  As  a  part  of  Task  B  of  the  current 
project,  we  are  experimenting  with  several  methods  to  modify 
the  test  signal  in  order  to  alleviate  the  observed  problem. 

It  was  stated  in  the  Introduction,  that  any  objective 
technique  should  have  a  high  degree  of  correlation  with 
subjective  performance  measures  to  be  most  useful.  Recent 
performance  tests  performed  by  NASA  and  objectively  scored 
ty  ITS  using  the  SCIM  system  have  provided  seme  comparative 
data  for  both  analog  and  digital  voice  systems.  The  results 
of  these  tests  were  reported  by  Hubbard  6  Payne  [1974],  and 
are  summarized  in  figure  17.  NASA  used  the  modified  rhyme 
test  (MrtT)  noted  in  figure  2,  and  performed  both  SCIM 
measurements  and  the  MRT  subjective  evaluations  for  three 
voice  systems.  Tne  standard  curve  for  the  MR T  test  is 
reproduced  in  figure  17  as  the  dashed-line  curve.  Note  that 
the  analog  system,  narrow-band  frequency  modulation  (NPFM) , 
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Figure  17.  Comparison  of  articulation  index  measurements  sr.d 
subjective  intelligibility  scores  for  several  voice 
communication  systems. 


gave  measured  results  quite  close  to  the  standard  curve  and 
thus  with  the  expected  correlation.  The  digital  system 
results,  however,  for  pulse  duration  modulation  (PDM)  and 
for  two  sampling  rates  in  a  DM  system,  show  poor  correlation 
with  the  expected  analog  curve.  These  results  coupled  with 
that  noted  in  figure  16  suggest  that  the  objective  measure 
implemented  by  SCIM  is  not  an  optimum  method  for  digital 
channels.  This  particular  problem  is  the  subject  for 
further  study  in  the  Task  B  effort  cf  the  project.  In 
addition,  it  is  felt  that  the  work  based  on  the  LPC  process 
mentioned  in  section  2  will  be  quite  relevant  to  the  digital 
vcice  problem. 

5,  SUMMARY 

This  report  has  presented  the  results  of  a  study  of 
objective  techniques  to  measure  the  intelligibility 
performance  of  speech  communication  systems.  The 
Articulation  Index  (AI)  method  is  deemed  to  be  the  best 
available  technique  at  this  time,  and  the  report  discusses 
the  instrumentation  required  fer  performing  and  analyzing 
system  measurements. 

Some  of  the  limitations  of  the  AI  method  were 
investigated  in  the  study,  ard  specific  monitoring  methods 
and  correction  data  are  presented  to  improve  the  accuracy  of 
the  measurement.  Methods  for  measuring  AI  aie  based 
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exclusively  on  the  automated  method  known  as  the  Speech 
Communication  Index  Meter  (SCIM) .  This  3ystem  can  be  used 
to  perform  on-line-  measurements.  The  method  is  also 
outlined  for  use  in  an  off-line  mode  where  test  data  can  be 
scored  in  general  purpose  computer  routines. 

Iritial  tests  of  the  SCIM  process  in  the  digital 
modulated  voice  channel  have  pointed  to  some  fundamental 
proolens.  These  will  be  investigated  further  under  the 
second  phase  of  the  continuing  study. 
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APPENDIX 


COMPUTER  METHCCS  OF  AI  SCOPING 
In  order  to  provide  other  laboratories  with  a  method  for 
objectively  scoring  voice-system  performance  data,  the  ITS 
has  developed  computer  programs  for  SCI  and  AI  evaluations. 

The  first  method  developed  is  one  in  which  the  spectral 
analysis  of  the  SCIM  test  signal  is  performed  in  a  special 
purpose  time-series  analyzer,  and  the  spectral  data  are  then 
processed  in  a  general  purpose  computer  to  obtain  the  SCI. 
The  spectral  analysis  is  performed  in  a  Time/Data- 1 00* 
system,  operating  sequentially  cn  the  "speech"  and  on  noise 
portions  of  tha  signal  over  a  spectral  range  of  5  kHz. 

The  Time/Data- 100  accepts  either  analog  or  digital 
signals  at  its  input,  operates  in  a  completely  digital  mode, 
and  yields  output  data  in  either  mode.  For  the  SCI 
computations,  the  spectral  information  is  recorded  in 
diqital  format  on  magnetic  tape,  and  these  tapes  are  then 
scored  in  a  general  purpose  computer.  The  computer  program 
is  written  in  Fortran  IV,  and  is  implemented 

*Time/Data  Corpcrat ion ,  1050  E.  Meadow  cr.  ,  FaJo  Alto,  CA 
94306. 


in  the  ITS  Laboratories  on  a  CDC-3000  ayitta.  Tbs  flow 
diagram  of  the  pro  gran  ia  glean  in  figure  hi,  and  a  complete 
Hating  la  presented  in  table  A1. 

The  SCIM  teat  tapes  are  played  In  real-tine  into  a 
Tiam/Data-100  tire- series  analyser  to  obtain  a  spectral 
analysis.  The  TD-100  has  an  internal  A/0  converter  set  for 
a  sampling  period  of  100  pate  <sanpling  rate  of  10  kBs) . 
Computation  algorithms  in  this  system  are  block  oriented, 
with  1000  digital  words  per  block.  Thus,  one  block  of  input 
data  represents  a  sample  0.1  sec  in  length.  The  spectral- 
average  algorithm  is  selected,  end  a  total  of  ten  0.1-aec 
blocks  of  data  are  processed  during  ench  1  esc  (nominal) 
period  of  the  sci*  signal.  Theme  blocks  ars  averaged,  und 
the  spectral  density  function  is  computed  over  a  bandwidth 
of  5  kHz.  The  output  data  consist  of  1001  12- bit  data  words 
with  a  resolution  of  5  Hz/word.  Those  data  are  recorded  cn 
digital  magnetic  tape  for  further  processing.  The  general 
approach  should  be  adaptable  to  any  laboratory  that  has 
ready  access  to  a  spectral  analysis  systesi  and  a  general 
purpose  computer  to  format  tbs  SCI  computation. 

The  techniques  employed  in  this  process  mars  patterned 
after  the  SCIM  system,  in  which  9  frequency  bands  ars 
analysed  and  the  spread -of -masking  is  handled  in  much  the 
same  manner  as  that  used  in  the  SCIM  analyser.  For  example. 


Figure  Al.  Flow  diagram  of  SCIh  program 
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Table  Al.  Listing  of  9-band  SC1M  computer  program. 


PROGRAM  SCIM38O0 

c-this  program  computes  speech  communication  index  from  mag.  tapes  of 
C-SIMulaTeo  voice  and  noise  SPECTRA  COMPUTED  by  td-ioo. 

DIMENSION  SN0!SE<1001>  •  PACKNSU! 2 5  1  1 
DIMENSION  TN!2M>.TV<25U 

DIMENSION  ID ( 2 ) «  IDENT I  2 '  •  PACKVC<251>.  PACKNS1251).  DECBEL ( 9 ) 
DIMENSION  VO  I  CE I  100*  I  »  NOJSE<1004),  UNPKVcUl 

DIMENSION  UNPKNS 1 4  )  »  FREQUOJ.  VCBAND(Q).  NSBAND 19).  RaTI0<9) 
DIMENSION  SPRVI 20) .SPRNI 20  I 

INTEGER  RECUM.  RECNUM.  PACKVC*  PACKNS*  UNPXVC.  UNPKNS  .PACKNSU 
INTEGER  FREQ*  FUL.  FLL •  RECNM 1 

TYPE  REAL  NOI SE  .NSBAND.M I 

DATA  < (FREQ!  I »  *  J -Is  10 >-250.500. 750- 1000 .1250* 1650.20S0.24S0. 

13200.4200  > 

IOIF-0 

neof-o 

BW-0.20 
OKC- 1000  *  *8W 
DO  772  1-1*10 
A-FREO I  I >«BW 
772  FREQ ( I ) ■ A  *  1 

C  MULTPLYING  BY  BW  CAUSES  THE  FREQ  TO  AGREE  WITH  THE  ARRAY  OF  1001  DENSITY 

c  bw  cntd-  values  of  spectrum  he  depends  on  the  sr» 

IF(FRFO<  10)  .GT.1000  IFREC,(10'-1000 
777  FORMAT! 1H010I8) 

PRINT  777. FREQ 

READ  I  60  .  1)  I  IDENT!  I).  I  -  2  I  RECL IM» NF IlSrP .FLAG » ID  IF 

C  DATA  CARD  EXPLANATION 

C  NFILS<P-NUMb£R  OF  FILES  TO  SKIP  ON  LU  40 

C  RECUM  STOPS  THE  PROGRAM  AFTER  RECL1M  NUMBER  OF  SIGNALS  HAVE  PROCESSED 
C  IDIF  -  NUMBER  OF  SPECTRAL  VALUES  TO  BE  SHIFTED  1^  THE  SPECTRUM. 

C  IDIF  CONTD-  (IE  TO  SHIFT  UP  100  H7.  WHEN  S  R-10K,  SET  IDIF--20) 

C  SET  FLAG-0,  WmEN  PROGRAM  FINDS  The  SPECTRUM  SHIFT. 1RST  3  RECS  MUST  BE 
C  FLAG  CONTO-IOOO  H'.  TONE. 

C  SET  FLAG  -0  WHEN  I.U  40  BEGINS  WjTh  3  CONSECUTIVE  I  KC  TONE  RECS 
C  SET  FLAG-1  WHEN  NO  T £5T  FOR  FREQ  SHIFT  IS  USED. 

1  FORMAT  I  2  A  8 '  118. 16. F5. 0.15! 

DO  38  I-l.NFILSKP 
38  CALL  SYIPFILE  (40) 

PRINT  37.NFILSKP 

37  FORMAT!  *  SKIPPED  *14.*  FILES  ON  4°*) 

RECNUM  -  0 
C  GO  To  100 

40  RECNUM  -  RECNUM  *  1 

4 1  BUFFER  IN  (40.  1»  <PACKVC<1»»  PACK VC ! 2 5 1 > > 

42  IF! UNIT,  40'  42.  70.  50.  60 

50  PRINT  51,  RECNUM 

51  FORMAT  (10X.  *EOF  OCCURRED  WHILE  READING  RFCCRD  NO.  *.  16) 

NEOF-NEOF  -*1 

PRINT  52.NEOF 

52  FORMAT!*!  END  OF  RUNM5* 

IF  (  NEOF  .C.F.2  ICALL  EXIT 
C  IF ( NE0F.GE.5 )CALL  CXtT 

RECNUM-o 
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Table  Al.  (Continued) 


GO  To  *0 

60  PRINT  61  »  RECNUM 

61  format  <iox»  *paRity  error  occurreo  while  Reading  recoro  no.  *.i6i 

70  CONTINUE 

71  BUFFER  in  (no*  1)  (  PACKNS  ( 1  •  •  PAC<NS(^5in 

72  IFd.'NlT,  40)  72.  92.  80,  90 

80  PRINT  81 ,  RECNUM 

81  FORMAT  <10X.  *eof  occurred  while  reading  RECORD  NO.  *»  16) 

GO  To  200 

90  PRINT  91.  RECNUM 

9 1  format  mox.  *parity  error  occurred  while  reading  record  no.  *,i6> 
C-UNPACK.ING  1  VOICE  KtCORO  and  1  NOISE  RECORD  INTO  Two  lOCl  ELEMENT  arrays. 

92  CONTINUE 

93  BUFFER  IN 1 40 , 1 ) ( PACKNSU i  1  )  .PACKNSU I  25  1  > > 

94  IF  I  UN  IT  .40)94.101,95.96 

95  PRINT  81. RECNUM 
GO  TO  200 

96  PRINT  91, RECNUM 
101  CONTINUE 

J*FREQ  t  6) /4 
J»9 

DO  97  1=J  .251 

17  PACKNS (  I  ) bPACKHEUI I ) 
loo  DO  loo  J  *  1.  251 

DECODE! 8.  105.  PACKVCIJl)  UNPKVC 
DECODE <8.  105.  PAC*NS(J>)  UNPKNS 

105  FORMAT (4R2) 

JM 1X4  *  (J  -  II  *  4 

DC  106  1  =  1.4 

JM1X4I  ■  JM1X4  +  I 

NOISE! JM1X4I »  «  UNPXNS ( I ) 

VOICE! JM1X4I >  ■  UNPKVCtl) 

I1=JM1X4I 

106  CONTINUE 

DO  309  1*1.101 
TV!  I  >  ■VOICE  *  I  ) 

309  T  N ( I ) =  NO l SE (  I ) 

I C*  1 

DO  310  1*2.1001 

JV=(  1-1  >  / 10 

JV«JV*  10 

VOICE ( I > -0 

NOISE  <  I  * »0 

IFIJV.EQ.I-l  »  IC*1C*1 

IF  I JV.CO.I-1  I  VOICE! I )*TV! I C  » 

IFUV.EO.I-l  )  NOISE!  I  >=TN(IC> 

3 ' 0  CONTINUE 

C  7  X AMI NE  TONF  FOR  FREQUENCY  SHIFT 

c  se i  flag  tu  zero  when  input  tape  begins  with  three  consec  Records  of  i  kc 

IFIFlAG.EQ.  1 . >GO  TO  404 

FLAG* 1  . 

AMAG=500. 

ILW-1 

DO  401  I  *  100 .500 

IF! VOI CE ( I ) .LE.AMAG)  GO  To  401 

ILAST  *•  I 

IF! VOICE!  I  LAST ) .GT. VOICE! I LW )  I ILW* ILAST 
401  CONTINUE 

IDIF-201-ILW 
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A  A 


Table  Al.  (Continued) 


PRINT  20t * ‘VOICE 
404  CONTINUE 

PRINT  207  » l D I F 

207  FORMAT <  *  OATA  WAS  SHIFTED  *15.*  PLACES*) 

ILAS-1001-HDIF 
IFIlLAS.GT.100l>t LAS-1 00 1 
00  402  I  *  1 • I  LAS 
IV-I-tOIF 

I F ( IV.LE.01G0  TO  402 
IF  < IV. LT. t)GO  To  403 
VOICE)!  1  *  VO  1 CE  (  I V  > 

NOISE)!  )  «N0  I  SE  (  IV) 

GO  TO  402 
C  SHIFT  TO  RIGHT 
403  I L  *  1002- I V 
I B« 1002- I 

VOICE) IL>=VGICE? IB» 

NOISE) IL) -NOISE) IB) 

402  CONTINUE 

PRINT  20i»  VOICE 
PRINT  201*  NOISE 
IF IRECNUM.EQ.O  I  GO  TO  40 
400  CONTINUE 

201  FORMAT  I  IX.  20F6.1) 

PRINT  202 

202  FORMAT  (*  *) 

204  FORMAT ) 10F10.0 ) 

PRINT  202 
26  CONTINUE 

00  121  1=1.1001 

VOICE! I )  =  VoICE(  I  ) -NOISE) I ) 

IF ( VOICE) I ) .Ll .0. ) VOICE) I )-0. 

12:  CONTINUE 

C-SUMMING  9  NOISE  BANDS. 

00  126  I  =  1»  9 
NSBAND) I )  «  0 

vcbanoid-o* 

FLL  «  F9E0< I ) 

FUL  -  FREQ) I  +  1 > 

LN-0 
SUMP  =0 

DO  124  J  =  FLL.  FUL 

IF ( (NOISE < J> .LE.O. ) .AND> (VOICE) J) .LE.O. > >G0  TO  124 
IF ( NOISE) J) .LE.O. )G0  TO  123 
R TO -VOICE ) J 1 /NOISE) J) 

GO  To  122 

C  AT  STATEMENT  123  ONE  HAS  A  VALUE  FOR  VOICE  AND  A  ZERO  FOR  NOISE 

123  RTO-VOICEIJ) 

122  CONTINUE 

LN-LN+1 

SUMp=5UMP+RT0 

NSBANO(t)  =  NSSANO(I)  +  NOISEU) 

124  CONTINUE 

IF ( LN.EO.O 1  GO  TO  126 
SUMP-SUMP/LN 

VCBAND<I>*NSBAND(|>  *SUMP 
IF ( NSBAND)  i ) .EO.O. ) VCBANDI  I  1 -SUMP*LN 
126  CONTINUE 

PRINT  ?04 »  NSBAND 
PRINT  204.  VC8AND 
PRINT  202 
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r>  r>  r\r> 


Table  Al.  (Continued) 

C-SPREAD 1 NG  NOISE  UPWARD  AT  -18DB/0CT.  INTO  9  NOISE  BANDS. 

DO  24  1*1.9 
DO  12  J»1.9 

IF (FREO! I ) .LE.FREQ! J+l > >G0  TO  12 
C  AL* < ( FREQ! I • -FREQ! J+l 1 >  / ! 0.5*F  REO  t  J+l  I >1*1.8 

AL* ( <  FREO ( I (-FREQI J+l > !/!  FREQ (J+l >  >1*1 .8 

PER  =  1 0**AL 
YI-NSBAND( J>/PER 
IF  (  YI  .GE.NSBANDI  I  I  )N$8AnO<  I  >«YI 
SPRN ( J ) *Y I 
Y I  * VCBAND ( J  * /PER 
SPR V ( J ) »Y I 
12  CONTINUE 
DO  14  J= 1 *9 

IF ( NSBANDI J) .LT.SPRNI J)  > NSBAND f  J >= SPRN < J ) 

I F ( VCBAND ( J ) .LT.SPRV! J! 1  VCR AND f  Ji «SPRV< J> 

U  CONTINUE 
24  CONTINUE 

PRINT  204.  NSBAnD 
PRINT  202 

C-SUMMING  9  VOICE  BANDS. 

PRINT  204.  VCBAND 
PRINT  202 

C-CALCULATING  9  S/N  RATIOS. 

DO  ISC  I  -  1*  9 

'  IF  ( NS3AND ( I «  .LE.  0  .AND.  VCBAND! I >  .GT.  0>  GO  TO  142 
I F ( NSBAND ( I  •  .LE.  0  .AND.  VCBAND! I  I  .LE.  0)  GO  TO  144 
GO  To  146 

142  RATIO! I )  *  63.  1**2 
C  142  RATIO! I  *  -  63.1 
GO  TO  150 

144  RATIO! I >  -  1.  '4. 

GO  TO  ISO 

146  FVCBND  =  VCBAND! I » 

FNSBND  =  NSBANDI I) 

RATIO! I >  =  FVCBND  /  FN58ND 
C  RATIO! I l  =  SQRTFIRATIO( I  I > 

150  CONTINUE 

PRINT  203.  RATIO 
203  FORMAT  ( 1 X .  10E13.6) 

PRINT  202 

C-CONVERTING  9  S/N  RATIOS  TO  DECIBELS. 

DO  160  1*1.9 

C-DIFFERENCE  B E 1  WEEN  LONG  TERM  RMS  AND  SPEECH  PEARS  «  6DB  »  RATIO  OF  4. 
C  I  F  I  R  A  T  I  o  I  If  .LE.1.»  RATIOUJ  =  1./50.<1. 

IF  (RAT  10!  I  )  .LE  .  0-.I  RATIO!  I  )  =  1./50* 

C  DECBEl  I  1 )  *10 . • ALOG 1 0 (  2 • ( R AT  1 0 ( I > - 1 >>  + 1 2 . 

OECBCL  (  I  >  =10  »  *  AI.OGl  0  '  PATIO!  I  1  >  +  12. 

IF  (DECBEl.!  I  I  .  L  E  .0  .  !  DECKEL!  I  >»0. 

’  F  (  DECBEL  <  I  >  .GT  .30.  (DECBEL  <  I  >  =*30. 

160  CONTINUE 

PRINT  203  »  DECBEL 
PRINT  202 

C-CALCULAT IMG  SPFECH  COMMUNICATION  INDEX. 


Table  Ai.  (Continued) 


sum  ■  0 

00  17o  I  -  l.  9 
170  SUM  *  SUM  ♦  DECBELU) 

SCI«SUM/270. 

RECNM1  «  RECNUM  -  2 

PRINT  180.  RECNUM.  SCI 

180  FORMAT  (5X1  'SPEECH  COMMUNICATION  INDEX  FOR  TRIAL  NUMBER  *.I5 
A  7X.F6.3* 

I F ( RECNUM  .  G£.  RECLIMl  GO  TO  200 
GO  TO  AO 
200  CALL  EXIT 


figure  A2  shows  the  spectral  division  of  the  noise  present 
in  SCIM  analysis,  in  which  the  noise  power  is  spread  upwards 
in  the  spectrum  at  a  slope  of  -18  dB/octave.  townward 
spread  is  negligible  in  the  SCIM  computation  and  the  60 
dE/octave  skirt  shown  for  the  low  side  of  the  curves  in 
nouie  A2  represents  the  best  achievable  for  the  analog 
t liter  a«s>*vi.  These  same  characteristics  are  produced  in 
the  computet  program  by  appropriate  weighting  of  the  input 
spec\_idi  data. 

This  scoring  method  was  originally  developed  tor  use  in 
d  program  sponsored  by  the  FAA  [Hubbard,  F.W.,  D.V.  G!°n, 
and  W.J.  Hartman  (1970),  Modulation  characteristics  critical 
to  frequency  planning  for  the  aeronautical  services, 
unpublished  ESSA  'leer.  Memo  EnlTK-nc232 ,  (April)]  and 
applied  to  the  analysis  cf  Air  Traffic  Control  (ATC)  system 
mtuov’tements  [  Gierhart  et  al.  ,  1970].  The  method  was 
con. parti  directly  with  a  calibrated  set  of  SCIM  measurements 
for  verification.  The  results  are  shown  in  table  A2. 

lhe  TL- 100/CCC- 3800  method  was  also  applied  to  the 
analysis  ot  system  performance  measurements  made  ly 
NASA/GS EC .  F< € su Its  ot  these  measurements  arc  presented  in  a 
iccent  leporr  by  Hubbard  and  Payne  [1974j. 
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Table  A2. 

Calibration  of  TD-100/CDC- 

-3800  program 

SC  1M 

Keaainq 
(  10  samples) 

Average 

Proqram 
(10  samples) 

Standard 

Deviation 

0.  36 

0.32 

.02 

0.52 

0.51 

.04 

0.75 

0.74 

.  03 

0.  99* 

i.OO 

.00 

♦  The  3CIM  analyzer  presents  a  maximum  reading  of  0.99 
toi  a  perfect  score. 

The  second  computer  method  was  developed  under 
sponsorship  of  NASA/GSFC.  The  objective  of  the  project  was 
to  develop  a  complete  program  for  the  computation  of  AI 
based  on  the  full  20-band  methou  specified  by  the  ANSI 
(1969].  This  objective  was  accomplished  in  the  ITS 
laboratories,  implementing  the  program  on  a  CEC-3800  system 
and  verifying  the  results  with  the  same  calibration  values 
listed  in  taiole  A2.  The  results  were  essentially  the  same 
as  those  found  for  the  TL-1QQ/CCC- 3800  method.  The  program 
wus  furnished  to  NASA,  and  it  has  been  successfully 
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implemented  on  an  IBM-360/95  system  for  application  to  test 
programs  conducted  by  the  Applications  Experiments  Branch. 

The  At  computer  program  includes  the  spectral  analysis 
of  the  test  signal,  using  Fortran  subroutines  that  include  a 
fast-Fourier  transform  (FFT)  algorithm.  The  AI  scoring 
program  is  very  similar  tc  that  described  above  for  the  SCI, 
with  the  exception  that  the  full  20-band  analysis  method  is 
used.  a  detailed  description  of  the  program  logic  and  the 
CEC-3800  listing  in  presented  in  Hubbard  6  Payne  [1974]. 
Application  of  thi.  program  tc  test  measurements  requires 
anaiog-to-digital  (A/D)  conversion  of  the  measured  data. 
Details  of  the  A/I  process  are  included  in  the  amove 
reference. 
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